US006526141B2
12 United States Patent (10) Patent No.: US 6,526,141 B2
Benesty et al. 45) Date of Patent: KFeb. 25, 2003
(54) METHOD AND APPARATUS FOR NETWORK OTHER PUBLICATIONS
KCHO CANCELLATION USING A ) _ _ _
PROPORTIONATE NORMALIZED LEAST Gay, S.L. “An eflicient, fast converging adaptive filter for
MEAN SQUARES ALGORITHM network echo cancellation”, Proc. of Assilomar, 1998.*
Gay, S.L., “An eificient, fast converging adaptive filter for
(75) Inventors: Jacob Benesty, Summit, NJ (US); network echo cancellation”, Proc. Of Assilomar, 1998.
Steven Leslie Gay, Long Valley, NJ _ _
(US) * cited by examiner
- _ - Primary Examiner—Yorester W. Isen
(73)  Assignee: z;?e(tgsiystems, inc., Berkeley Heights, Assistant Examiner—Jefferey F Harold
(74) Attorney, Agent, or Firm—Synnestvedt & Lechner
(*) Notice:  Subject to any disclaimer, the term of this LLP
patent 15 extended or adjusted under 35 (57) ABSTRACT
U.S.C. 154(b) by O days.
The invention 1s a method and apparatus for performing
(21) Appl. No.: 09/730,442 {:ldaptive mﬁl‘tering, and par‘ticularly'echo cagcellation, }1tiliz-
| ing an efficient and effective adaptive algorithm. The inven-
(22) Filed: Dec. 3, 2000 tion 1s particularly useful in connection with network echo
: S cancellation but 1s more broadly applicable to any situation
(65) Prior Publication Data Y 4pPp Y
where an adaptive estimate of a signal must be generated 1n
US 2002/0114445 Al Aug. 22, 2002 real-time.
7
(51) Int. CL7 e, ‘H04M 1/00 The invention includes an improved proportionate normal-
(52) U-.S. Clo o, 379/406.09; 379/406.01 ized least mean squares algorithm for generating an impulse
(58) Field of Search ........................ 379/406.01, 406.09 response estimate that is useful for generating an echo
_ cancellation signal to be subtracted from the echo containing
(56) References Cited signal.

AMPLITUDE 0

U.S. PATENT DOCUMENTS
5,951,626 A 9/1999 Duttweller .................. 708/322

0.1 s S

0.05

-0.05

23 Claims, 10 Drawing Sheets

1 0 S U

0 —

0 50 100 150 200

i .
250 300 350 400 450 50
SAMPLES



U.S. Patent Feb. 25, 2003 Sheet 1 of 10 US 6,526,141 B2

y FIG. 1
\ (PRIOR ART)

{2
x{n

124 ADAPTIVE 20 16
ALGORITHM

18 o vin) +wlnl
14

elnl ' ° y(nl

2]
2b



U.S. Patent Feb. 25, 2003 Sheet 2 of 10 US 6,526,141 B2

FIG. 2A
005
AMPLITUDE 0
0.1 | | ——— 1
0 S0 100 150 200 250 300 350 400 450 500
SAMPLES
FIG. 2B
0.2
0.1
AMPLITUDE 0
01
-0.24 _ , , ; , . . . .
a i AN S S— i — '
0 50 100 150 200 250 300 350 400 450 500
SAMPLES
FIG. 2C
027 |
AMPLITUDE 0 E '
0.1 i
0.2 ;
I

—
0 50 100 150 200 250 300 350 400 450 500

SAMPLES



U.S. Patent Feb. 25, 2003 Sheet 3 of 10 US 6,526,141 B2

FIG. J

3 S
o8 } 0
0.6
0.4
0.2

AMPLITUDE 0§
-0.¢

-0.4

0.5

-0.8

-1

. : .

0 o0t 1 15 2 25 3 35 4 45 5
TIME (SECONDS)



U.S. Patent Feb. 25, 2003 Sheet 4 of 10 US 6,526,141 B2

MISALIGNMENT ~20 T bbb
B) 30N

0 bl ) r b ¥ T 1 ¥ L
| 1 1 1 ) " ' . .
’ I i ] ] ] 1 ] ]
1 ] i r ] 1 ] ] r
' I k 1 1 1 | [ L]
10 """"""""""""""""""""""""""" TETTTATTOSTETIETTT T T I R R I T T Tt Sl Sl
1 I t L ] 1 1 I 1
7 | ¥ 1 i \ ' . )

HISALTONMENT ~20 - obermrrior oo oo
T S e

| 3 L] 1 ' I "
L] 3 I I ] I ) . R

Y1 USSR SRR S N SRS SR S S SRR UNRUNN SUURU
- k 1 I ] I " ‘ \
] s ] 3 1 1 ] 1 ]
' ] ] 1 1 . ' "

-390 ——] —1 : 1

:
0.3 1 1.5 . 2.9 3 3.9 4 4.3 J
TIME (SECONDS) '



U.S. Patent Feb. 25, 2003 Sheet 5 of 10 US 6,526,141 B2

FIG. SA
0
o I N A S S S
MISALIGNMENT -0 N e S e S IR S
(dB) 30N e e o o R A
) 2 S SO N SR SO RO S
-5() ! = "f" 1 I—" S 1 ;
0.3 1 1.5 . 2.2 3 3.5 4 4.5 )
TIME (SECONDS)
FIG. 3B
0 I
A0 T e I A S
MISALIGNMENT -0 - i s il SO S S S A
(dB) Q0 T
_4() SRS NS SO S S
0t T 1T
0.9 1 1.5 . 2.9 3 3.5 d 45 0
TIME (SECONDS)
FIG. 3C
0 E : : i E : : : :
B . s T S S s S N
MISALTONMENT -201 i SR SRR S S St S
(dB) -0 TN T i I
B e (et EEn S ettt s B S Lt S
-30 T . =
0.5 1 1.9 2 2.3 3 3.5 4 4.9 )



U.S. Patent Feb. 25, 2003 Sheet 6 of 10 US 6,526,141 B2

O ¥ T ¥ T L L) T L T

' 1 ! v . I . j |

I 1 1 1 ] 1 ¥ 1 ]

I 3 1 L] | ¥ ¥ r N

10 d : ! : b 1 I i
------------------------------------------ Bl R L T N m e e e m e meepeAA T 4asgEmanmaa o s

L] r L 1 ¥ 1 I ' \

¥ r ¥ F ¥ | 1 ] ]

b 1 .

WISALTONMENT -20---— PN rirome oo oo o A S—
6B g0 S S N

T | | L L T - T
1 1 I b i k L] ¥ L
r 1 1 4 | k I 1
L] [} L} r L] ] I 1
¥ F 1 L L] v . b e e ' o]
— 10 ------------------------------------------------------ R R I S S S ol e il o
[ ] ] ] L] 1 ] [ ] ]
| 1 1 1 I L 1 1
I ] 1 [ | 1

T L S S S A S T i
(dB) '30 """" """"" """""" '''''''''' --------------------- ---------- e

50— T

0.3 | 1.3 2 2.3 J 3.3 4 4.5 J
TIME (SECONDS)

| ] T L] L L | L} b | | ]
1 I 1 1 1 | 1 ] 1
| F 1 1 ] 1 1 1
¥ b 1 I I I : :
r 1 I 1 L
R S S SRR R e SRR R bt bl
- ] 1 | 1 ] r t |
[ ] 1 ] ] ] ] 1 1
! E k ) r

TR N e e s S S S e
B O e R e I —

, ! . 1
0.3 1 1.5 2 2.3 J 3.5 4 4.3 )
TIME (SECONDS}



U.S. Patent Feb. 25, 2003 Sheet 7 of 10 US 6,526,141 B2

0

} T L] 'l 1 | ' \

. ' 1 [ ' . . | A

] ] i 1 r ' . )

\ . ' d v ' I " '

+ 1 1 1 1 1 I ¥

L | 3 [ | [} 1 1 1 |
=i B 5 EEE e e el S TErEmEEEEEEAs e i — Tt ™ = e - mm v m s 4w W w m e w R e W B A = o == - m e w m o= & owm = o o om om m om 4 o m oo g e == == e m A

1 ] 1 " 1 , ; )

MISALIGNM N I : ' ' ! | 1 1 "

i 1 i | 1 1 |

1 ¥ I | 1 1 n

(dB) I l l . ' b ' . |

1 ] 1 ] ! k F | !

I 1 1 ¥ ¥ ' s ; \
A BRSNS UUSUUUN U SN R o o

1 1 | ] 1 [ ] [ | 1

1 i 1 1 I " . ) |

1 L] 1 ] [ ] 1 b 5 .

1 ] ! [ ] r ) " ' .

-0 —

(

MISALTOWENT ~109 NI T
(dB) (LU AN R R S A

*20] .................................................................................................
-30 B w—— 1 S ———

|

MISALIGNMENT

1 i L I 1 ' ' ' ,
[ ] 3 [} 1 1 1 " ' 1
. T 1 ¥ ] | 1 1 "
1 r r r | ] I ] 1
(] ] (] I ' ¥ 1 ' )
-------------------------------------------------------------------------------------------------- - e m a m A m =™ m = o= o
10.1 ’ r i ' 1 1 ¥ ’ I
d ' ! ' " ] ' i '
! ' ! ' t ' ' b
] ] 1 I ] I ) ] I
(dB) ; . . : , ; . . !

,201 ................................................................................................... 1
-30 T —— |
1 . . .



U.S. Patent

0 L T L 1 | | r T ) L ]
1 ] L ! [ ] 1 1 t 1
1 1 ] 1 r 1 1 1 L]
1 a 1 1 L] 1 ¥ 1 ]
i 1 I ] I i 1 3
1 ) T ! ] | ] 1 E
— S (e s =gl Tl e el it T T
1 1 1 ] I » I .
1 [ ] ] 1 1 k 1
MISAL IGNMENT ' ' ’ ' ' '
R i e O e

-19
-2

0

Feb. 25, 2003 Sheet 8 of 10 US 6,526,141 B2

---------------------------------------------------------------------------------------------------------------

. : i l . .
0.9 1 1.9 ¢ 2. 3 3.9 4 4.3 J
1IME (SECONDS)

e f-n_"-u}uhu”."; ...........................................
MISALIGNMENT _10 __'__‘___r ___________ -..., _________________________________
(dB) 5 g g :
15 +"-n_-uh_“-“-un-ﬁr”naﬂ-""«"é ........... ?"-"“_u?”pq_-nj .................................
-20 i | | — i | |
0.5 1 1.5 ? 2.5 3 3.5 4 4 5 5
TIME (SECONDS)
FIG. 8C
0 : : ; : 5 : 5 5 ;
e T s R S S S
MISAL IGNMENT I T e D, S ' 5 R
@ 107 ; g
15 -"J“““d_““Ju_d”bH“*“h,““ﬁ“*h“”"-_-T“‘”-“h¢nﬂ_"-"? .................................
-20]- | | | | : e R S
0.5 i 1.5 0 2.5 ] 3.5 4 4.5 .



US 6,526,141 B2

Sheet 9 of 10

Keb. 25, 2003

U.S. Patent

3

FIG.

| i T T 5
| r ' i 1 ) ._
| I k \ ' k ) i v
[ 1 b I 1 [ 1
| I 1 I I 1 1 | 1 -
| ] r r 1 ] ] 1
] [} L] r ] [ ] k ]
'] + 1 ' ] ] 1
' { ' ' ! b I I 5
ﬂ .- - -l I.h Jn '._ [ 9 [ — -l..ll.-ll- ‘‘‘‘‘‘ - llll ..
T‘l-t'll‘*'-.‘lllrll-.‘.-.-'- ‘‘‘‘‘ w ..... - ..... ._I - = I-.l.‘ I-I -
' i ) b ) _ 1 i I - -
] ] 1 b r ' I (] ] '
] b 1 b 1 ' 1 ] ]
) 0 (] i i b ] 1 I
I i | 1 ] 1 L LY k
] I ] I I 1 1 ] ] ‘.
1 [ [ I ] k | 1 ]
1 1 b b i I (] ]
lllllll L--l.l.l_.l.l_r.l.||.|-l_Ll_l.Illllﬁl_l.ll_l_lll..rlllll.lul-‘l-l.l.l.....l-l.l-.l...l_ll...lllull.l_..l...llq...._-liii* - 4
1 1 | | i 1 ¥ | ﬂ
b L] I I I ] ] 1 -
I ] 1 1 J \ 1 (]
! ] I | b | | ] _-._.-_
1 t b ' i I 1 i
) | ] r ’ i 1 1 4
i i ] t | ] ] ] —
I 1 (] ' t I i L] I
' ' I I b 0 1 (] 5
Tll.l..lI.I.Ia..-l.ll_.-.l.l-l.ll_l.l..r......._-.I_I.I_I_Il-.l.l_l_l..rl.l.flll.lI.l.l._.l_llllllfll..llll.l_l.ll.ll_l.l..-ll.ll‘ L s -
b b 1 t | i | ' ¥ 3
i (] I i I 1 1
| i 1 4 i 1 | ]
i | 1 i | 1 1 1 ¥
] ] ¥ i | 0 1 "
' L] + I 1 i i i 1
] [} ¥ r ) i | | i ._ll
I I (] 1 ' 1 1 (]
1 i i | { i [ I ' 4
T IIIII I-— ||||||| ql. ...... l-. lllllll L * llllll (s & Eam .ﬁ. lllll J ....... ﬂ.lh - H-'
1 i ' L 1 1 1 d
' t I I I i i 1
I ] b 3 b 0 i I
| | r k l | | i "
i ] + i i | | i
1 ] i i i I 1 .x z
k i ¥ | 1 i 1 | |
llllllllllllll -*--lll..ll.l..-!..l—.llll-.l__ll.l.I---I-l.-ll..lr_.-ll-.l..l.l...l.--lllll.lIl*..l.l!-lll-l."l-l.lll - o = - L
I 1 ' i 3 I i 1 )
i i | b i i i . | W |
I ' 1 + 1 0 I 1 »
1 ) _ ' ! 1 [ ] k
i ¥ I J I ' ' \ { o 77
' I 1 b I b b 0 [ ’
1 1 i ' I I b 1 I 4 f
I I i I I t t i 1 [ -
I | [ | ¥ b i i i l..\
rrrrrrr de - cmmeabacemaadarasameninesenartonosarateccmrerabemnec-wedagle- oL > CJ
L | | i L 1 4 4 +...r
i i F ) I I 1 ¥ ,__.___1 }
| { { I | I " i _—
| i ! I I 1 ! o
i i b b ) b ) ? I
| ] ! ’ b r ’ ] |
i ] ' " ) b \ I 1 _\.
] I ] 1 ' b 1
' ] 1 ] ! b .\ 5
llllllllllllllllllllllllllllllllllllllllllllllllllllll F.l-.ll' l.‘ .l.l.lq..l\..ll.l..l.l.l.._.-. -
1 1 1 1 1 F ' 1
| 1 I I I i I_-.. I
i ] ] I I i _.I_I ._‘ ._
I 1 ! ] ] ’ ”~
) 1 r ] (] I o I I
1 i [} ] ] .‘-.‘ \_ 1 I
[ [ [ ] ) F 0 0 ) ¥
1 i b 1 [ » *. _
' I 1 I 1 r ' " _
lllllll Jll_I..._l.l-.l.l.-_r....l.-.l..._l.l.l..-R.l..lIl...l..l.r...—.-.I.l'.r._l..\.ﬂl.l.l. 1 I.hl. ‘l..n-.lll.l.l.l..l_r._l.l.ll_lll._qll.l-..l LI
t b ' I | L4 i » I I I
i i i i g 1 ' I
i i b t .\ i ’ [ I i
' ' ' " i ____.t.___\_ ) ) )
! I 1 I . # » F ) F b
t i i \ 1.‘.—\. " i b _
1 i i o 1 ] 3 L
i t ] __h...\. ] | 5
i ' - T I ) .
||||||||||||||| .._..l..l.....ut R N 1\“....|-....ul_.iurl._.l-ﬂ:u.,vll.f_a,u..ll|I_||lllln
_ : Pt _ _ L
[ 1 t\ [ |
i t.-v\ [ i i
: - 3 I
i | | ] ] 1
| [ ]
| k ] [
| | | |
_ i -t hJ T cr cTD - e L)
| | ) I i | | | i

MISAL IGNMENT
(dB)

TIME (SECONDS)

10

FIG.

-0

25
30

MISALIGNMENT
(dB)

-39
-4

—

L ol L] L r T h | L |
1 | | ) | | |
1 [ I i i [ [
[ i i b [ 1 |
1 i F | | i
[ [ ] ] ¥ i ¥
[ [ ! b b [ 1 ¢
I ¥ ' I [ ' '
I ¥ ] | ] 1 ¥ [
" t ' 1 1 I t {
llllllllllllllllllllllllllllllllllllllllllllllllllllllllllllllllllllllll
i t i [ I [ ] | ]
b 1 ' [ ) t I ¥
[ ¥ 1 | F I ) 1 t
’ b i ' I I 1 I i
b [ I ] [ 1 1 I ¢
! ¥ i 1 ' b I i r !
| | | 1 ] ] | | | \
I I (] ] ] ] I 1 I
| ' ] 1 ¥ | i I -
- i T A e I o = = == dawvoeweens=r e ot e m == b e e e = a R bk om ow= a
L] X t 1 ] | I b |
| b | + | L ] ) ]
| ) i | 1 | | | ]
| ] I | | ] ) I | :
i ) | 1 | F | k ]
| | | | 1 ) | | |
I I I | [ | ] | I ]
i t I | [} k | I |
i i i ) [ [ 1 i i
lllllllllllllll -II_I.lllI_I-I._l..ll_lll.__lr...l.ll_l.l.i.llll.ll.l-llIIII.IT.I.I-'III-I.II.II.I...-IlliﬁI
| I | | | | 1 1 k
I ] ] (] 1 i b b i
i ] I t 1 ] k ] |
| k | | i ] I I |
b i i ’ ' i i ' i L
1 1 i 1 | I ] i )
] | ] 1 | ] | 1 [ ]
i 1 ] 1 | ] 1 i t
i ] ] ! k ¥ ] ] |
....... LIl sl Bt el St Attt S Rl S .—anlu
' i i 3 i i 1 1 .
1 | i [ ) ' i | i
1 i | ' ! i 1 1 1
I i i i i | | I & |
' | 1 L ) ] i | k
' i i I 1 ' i i \ b '
b | | | L \ \ ! i _-
' | i I 1 [ | i 1
__.I.-_..rl-r._-.-._ lllllll ...____.r._l.-_ll_l_..l_ lllllll __1.__._I.l..l_..-.._lh lllllll | e e a e n = _l_ lllllll ! e ._I_l.ll‘l
[ [ [ i [ i i i ’
| i i 1 1 i i \r i r
| I i 1 ' i i i [ :
' I 1 1 I i | i 1
I I ) ] i | | [ 1 »
I ] k ) ] i ) b .t.
I ] | | I | i b ‘.
I ' i I N I i + 1
. t I . . \ 4 ._._____
la d = = &= &= L ....... r ...... L lllllll - ....... F ....... - ............. L.ll"l.‘.l.lrl = =
r \ i i I ¥ 4 ¥
b i [ 1 I 1 ol | I _I-_
) 1 1 ] I ' I i »
] " ' I I ! ] .‘.I
] 1 I ] | I 1 1
b i I i ) I ) * 7’ i
b [ 1 [ ! \ ! i _\ 4
| | i | ] 1 ]
i ) ) I i _ L ____\. i
»” - ”
|||||||||||||||||||||||||||||||||||||||||||||||||||| g
] 1 I ' \ ) ’, ) |
I t | ) 1 [ |
] i | ] - i L.‘. | |
] | I 1 ] ] I
' ) i \ __-_.ll_ F i [
" ’ b " i i [
| b [ ¥ ¢ " . " ! 1 i
_ I I ! \ ' » " b b '
i I [ " P -~ [ b '
TTTTTTT ARl Sttt S Al S Tttt it Sl Sl ditielielie Rl sttty
' 1 i - ] | i ]
' (] [ \ a1 1 [ 1 |
b ' ' i - 1 i I 1 I
[ 1 .\\ - i [ i [ [
k | | - | ] | | I
1 ' » -~ A X 1 . A
] | I | 1 i i i
' I | 1 | | ]
A, L L R b R [ Y I e e e amom L ama
i | i I | | i i |
; ...\\._'.._...._. 1 _ i 1 1 I }
i b | | 1 | ]
) \.\-ﬂ\ t b b i b b I
| - I i ’ | 4 1 1
| [} | | i I 1
.\\__. i __ I _ i ! i
- } i | r 1 [ | i
t " |  § 1 | \ ]

TIME (SECONDS)



U.S. Patent Feb. 25, 2003 Sheet 10 of 10 US 6,526,141 B2

MISALIGAMENT . O\
(dB) NS




US 6,526,141 B2

1

METHOD AND APPARATUS FOR NETWORK
ECHO CANCELLATION USING A
PROPORTIONATE NORMALIZED LEAST
MEAN SQUARES ALGORITHM

FIELD OF THE INVENTION

The 1invention pertains to network echo cancellation. The
invention 1s particularly suitable for use for hybrid echo
cancellation at a two wire to four wire interface m a
communications network such as a telephone network.

BACKGROUND OF THE INVENTION

In communications networks, it 1s possible for an echo of
an upstream signal to be coupled onto a downstream signal
(directions arbitrary), which echo either corrupts data or
decreases the quality of data (e.g., increased noise). For
instance, 1n telephone communications networks, the indi-
vidual customers usually couple into the main telephone
network through a two wire, analog connection 1n which
transmissions 1n both directions are carried on the same pair
of wires (tip and ring). However, the central portion of the
network typically 1s a four wire, digital system 1n which
communications 1n the upstream and downstream directions
are carried on separate wire pairs (i.e., two wires in the
receive direction and two wires in the transmit direction).

The 1nterface between the two wire and the four wire
portions of the network are a source of echo. The echos
typically result because the impedance of the 2-wire facility
1s 1mperfectly balanced 1n the 4-to-2 wire junction causing
the incoming signal to be partially reflected over an outgoing
path to the source of 1ncoming signals.

The circuitry interfacing the two wire and four wire
portions of the network 1s commonly termed a line 1nterface
card. The standard components of a line interface card are
well known to persons of skill 1n the related arts. One of
those components 1s a hybrid cancellation circuit, the func-
fion of which 1s to cancel echo signals 1n order to 1mprove
the quality of service. In short, a hybrid cancellation circuit
generates an attenuated version of the original receive signal
(that is the source of the echo) and subtracts it from the
signal lines that carry the transmit signal onto which the
echo has been imposed. These hybrid cancellation circuits
utilize an adaptive filter to operate on a supplied signal in a
prescribed manner such that a desired output signal 1s
generated.

Typically, adaptive filters generate a transfer function
according to an algorithm that includes updating the transfer
function characteristic in response to an error signal. In this
manner, the filter characteristic 1s optimized to produce a
desired result.

When used 1n an echo cancellation circuit, an adaptive
filter 1s used to generate an echo path estimate that 1s updated
1In response to an error signal. Adaptive echo cancelers have
been employed to mitigate the echoes by adjusting the
transfer function (impulse response) characteristic of an
adaptive filter to generate an estimate of the reflected signal
or echo and, then, subtracting 1t from the outgoing signal.
The {filter impulse response characteristic and, hence, the
echo estimate 1s updated in response to the outgoing signal
for more closely approximating the echo to be canceled.

Various designs and algorithms for adaptive filters for
echo cancellation are well known. Although prior art
arrangements of adaptive filters perform satisfactorily in
some applications, often it 1s 1impossible to simultaneously
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2

achieve both sufficiently fast response to changing echo
paths and sufficiently high steady-state estimation quality.
Consequently a continuing need 1s to achieve more rapid
response to changing conditions while at the same time
maintaining adequate steady-state estimation quality.

FIG. 1 1s a block diagram 1illustrating an exemplary
network echo cancellation circuit 10. Input line 12 carries
the far-end signal x(n) (i.e., the receive direction signal
relative to the transceiver having the echo cancellation
circuit) Input line 14 carries the near-end signal v(n) as well
as background noise w(n). The far-end signal x(n) is the
source of potential echo.

Block 16 represents the true echo path h which 1s coupled
into the near-end signal on line 14 as represented by sum-
mation node 18. In accordance with an echo cancellation
scheme, the far-end signal x(n) is also input into an echo
cancellation circuit 20 which generates an estimated echo
path h(n). The estimated signal path h(n) is generated using
a digital adaptive filter algorithm as 1llustrated by block 124.
The estimated echo signal 1s then subtracted at subtraction
circuit 26 from the signal path y(n), which includes the true
echo h, the near-end signal v(n), and the background noise
w(n).

Other circumstances 1n which network echo cancellation
may be necessary or at least desirable are numerous and
would be well known to persons of skill 1n the related arts.

Even further, acoustic echo cancellation systems are
known 1n the prior art such as 1n connection with audio
teleconferencing equipment. Particularly, when using a
speaker phone, there 1s a path between the telephone speaker
and the telephone microphone through which an echo can be
introduced. Particularly, the microphone 1n a room picks up
the sound created 1n the room. Part of the sound created in
the room 1ncludes the sound coming from the opposite end
of the telephone call that emanates from the telephone
speaker. This creates a feedback loop that can result 1n
distortion and, 1n the worst cases, howling instability.

Many digital adaptive algorithms for echo cancellation
are known 1n the prior art, including Least Mean Squares
(LMS) algorithms, Normalized Least Mean Squares
(NLMS) algorithms, and Proportionate Normalized Least
Mean Squares (PNLMS) among others.

U.S. Pat. No. 5,951,626 1ssued to Duttweiler and assigned
to the same assignee as the present application discloses a
PNLMS algorithm that has a very fast mnitial convergence
and tracking of the true echo path when the echo path 1s
sparse, 1.€., relatively few of the coeflicients are non-zero,
compared to other methods such as NLMS. However, when
the echo path 1s dispersive, PNLMS converges much more
slowly than NLMS. Simulations support the conclusion that
the tull benelits of PNLMS in terms of fast convergence and
tracking of the true echo path are achieved only when the
impulse response 1s close to a delta function.

Accordingly, 1t 1s an object of the present invention to
provide an 1improved adaptive filter.

It 1s another object of the present invention to provide and
improved echo cancellation method and apparatus.

It 1s a further object of the present invention to provide an
algorithm particularly adapted for echo cancellation that has
fast convergence and echo path tracking over a broad range
of echo paths.

SUMMARY OF THE INVENTION

The invention 1s a method and apparatus for performing,
adaptive filtering, and particularly echo cancellation, utiliz-
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ing an efficient and effective adaptive algorithm. The 1nven-
fion 1s particularly useful in connection with network echo
cancellation but 1s more broadly applicable to any situation
where an adaptive estimate of a signal must be generated in
real-time.

The 1nvention includes an 1mproved proportionate nor-
malized least mean squares algorithm for generating an
impulse response estimate that 1s useful for generating an
echo cancellation signal to be subtracted from the echo
containing signal.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a functional block diagram illustrating the
operation of a typical echo cancellation circuit of the prior
art.

FIG. 2A 1s a graph illustrating the impulse response of a
sparse echo path used in simulations of the present inven-
fion.

FIG. 2B 1s a graph 1llustrating the 1impulse response of a
dispersive echo path used in simulations of the present
invention.

FIG. 2C 1s a graph 1llustrating the 1impulse response of a
quasi-sparse echo path used in simulations of the present
invention.

FIG. 3 1s a graph illustrating an exemplary speech signal
used 1n simulations of the present mvention.

FIG. 4A 1s a graph 1llustrating performance 1n response to
a white noise mput and the sparse 1impulse response of FIG.

2A for a misalignment for an echo cancellation circuit using,
an NLMS algorithm of the prior art.

FIG. 4B 1s a graph 1llustrating performance 1n response to
a white noise mput and the sparse 1impulse response of FIG.
2A for a misalignment for an echo cancellation circuit using,
a PNLMS algorithm of the prior art.

FIG. 4C 1s a graph 1llustrating performance 1n response to
a white noise mput and the sparse 1impulse response of FIG.
2A for a misalignment for an echo cancellation circuit using,
an embodiment of the improved PNLMS algorithm of the
present mvention.

FIG. 5A 1s a graph 1llustrating performance 1n response to
a white noise mput and the dispersive 1impulse response of
FIG. 2B for a misalignment for an echo cancellation circuit
using an NLMS algorithm of the prior art.

FIG. 5B 1s a graph 1llustrating performance 1n response to
a white noise mput and the dispersive 1impulse response of
FIG. 2B for a misalignment for an echo cancellation circuit
using a PNLMS algorithm of the prior art.

FIG. 5C 1s a graph 1llustrating performance 1n response to
a white noise mput and the dispersive impulse response of
FIG. 2B for a misalignment for an echo cancellation circuit
using an embodiment of the improved PNLMS algorithm of
the present invention.

FIG. 6A 1s a graph 1llustrating performance 1n response to
a white noise mput and the sparse impulse response of FIG.
2 A with an echo path change at 3 seconds for a misalignment
for an echo cancellation circuit using an NLMS algorithm of
the prior art.

FIG. 6B 1s a graph 1llustrating performance 1n response to
a white noise mput and the sparse 1impulse response of FIG.
2 A with an echo path change at 3 seconds for a misalignment
for an echo cancellation circuit using a PNLMS algorithm of
the prior art.

FIG. 6C 1s a graph 1llustrating performance 1n response to
a white noise mput and the sparse impulse response of FIG.
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4

2A with an echo path change at 3 seconds for a misalignment
for an echo cancellation circuit using an embodiment of the
improved PNLMS algorithm of the present invention.

FIG. 7A 1s a graph 1llustrating performance 1n response to
the speech signal of FIG. 3 and the sparse impulse response
of FIG. 2A for a misalignment for an echo cancellation
circuit using an NLMS algorithm of the prior art.

FIG. 7B 1s a graph illustrating performance in response to
the speech signal of FIG. 3 and the sparse impulse response
of FIG. 2A for a misalignment for an echo cancellation
circuit using a PNLMS algorithm of the prior art.

FIG. 7C 1s a graph illustrating performance in response to
the speech signal of FIG. 3 and the sparse impulse response
of FIG. 2A for a misalignment for an echo cancellation
circuit using an embodiment of the improved PNLMS
algorithm of the present 1nvention.

FIG. 8A 1s a graph 1llustrating performance 1n response to
the speech signal of FIG. 3 and the dispersive impulse
response of FIG. 2B for a misalignment for an echo can-
cellation circuit using an NLMS algorithm of the prior art.

FIG. 8B 1s a graph illustrating performance in response to
the speech signal of FIG. 3 and the dispersive impulse
response of FIG. 2B for a misalignment for an echo can-
cellation circuit using a PNLMS algorithm of the prior art.

FIG. 8C 1s a graph illustrating performance in response to
the speech signal of FIG. 3 and the dispersive impulse
response of FIG. 2B for a misalignment for an echo can-
cellation circuit using an embodiment of the improved
PNLMS algorithm of the present invention.

FIG. 9 1s a graph illustrating performance in response to
a white noise 1nput and the sparse impulse response of FIG.
2 A for a misalignment for an echo cancellation circuit using,
an embodiment of the improved PNLMS algorithm of the
present invention using values of a of -1, =0.5, 0, and 0.5,
respectively.

FIG. 10 1s a graph illustrating performance in response to
a white noise mput and the dispersive 1impulse response of
FIG. 2B for a misalignment for an echo cancellation circuit
using an embodiment of the 1mproved PNLMS algorithm of
the present mnvention using values of o of -1, -0.5, 0, and
0.5, respectively.

FIG. 11 1s a graph 1llustrating performance 1n response to
a white noise input and the quasi-sparse impulse response of
FIG. 2c¢ for a misalignment for an echo cancellation circuit
using (1) an NLMS algorithm of the prior art, (2) a PNLMS
algorithm of the prior art, and (3) an embodiment of the
improved PNLMS algorithm of the present invention,
respectively.

DETAILED DESCRIPTION OF THE
INVENTION

I. Introduction

Recently, the proportionate normalized least mean square
(PNLMS) algorithm was developed for use in network echo
cancelers. D. L. Duttweiler, “Proportionate normalized least
mean square adaptation in echo cancelers,” IFEEE Trans.
Speech Audio Processing, vol. 8, pp. 508-518, September
2000. In comparison to the normalized least mean square
(NLMS) algorithm, PNLMS has a very fast initial conver-
ogence and tracking when the echo path 1s sparse. The 1dea
behind PNLMS 1s to update each coefficient of the filter
independently of the others by adjusting the adaptation step
size 1n proportion to the estimated filter coeflicient.
Unfortunately, when the impulse response 1s dispersive, the
PNLMS converges much more slowly than NLMS. This

implies that the rule proposed in PNLMS 1s far from
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optimal. In many simulations, 1t scems that one tully benefits

from PNLMS only when the impulse response 1s close to a
delta function.

More recently, the so-called PNLMS++ was proposed in
S. L. Gay, “An efficient, fast converging adaptive filter for
network echo cancellation,” in Proc. Of Asstlomar, 1998.
PNLMS++ partially solves the above-mentioned problem by
alternating the update process each sample period between
NLMS and PNLMS algorithms. However, this solution 1s far

to be general.

An optimal rule should better exploit the shape of the

estimated echo path and the algorithm should always have
better performance (convergence speed) than NLMS with
non-dispersive 1impulse responses and similar performance
with highly dispersive impulse responses. In other words,
the echo path should not need to be sparse 1n order to be able
to accelerate the convergence rate of the algorithm.

In this specification, we propose a new rule that 1s more
reliable than the one used in PNLMS. Many simulations
show that the obtained algorithm (improved PNLMS) per-

forms better than NLMS and PNLMS, whatever the nature
of the impulse response.

II. The NLMS and PNLMS Algorithms

In this section, we briefly explain the NLMS and PNLMS

algorithms. In derivations and descriptions, the following
notations are used for these quantities:

x(n)=Far-end signal,

y(n)=Echo and background noise,
x(n)=[x(n) , , X(n-L+1)]", Excitation vector,
h=[h,, . . ., h,_,]", True echo path,

E(H)=[Eo(n)= Cee s EL—l(n)]T:
Here, L 1s the length of the adaptive filter, and n 1s the time
index.

Estimated echo path.

Referring to FIG. 1, the purpose of the adaptive filter 1s to
estimate the echo path so that it can subtract a replica of the
returned echo, y(n). Traditionally, the NLMS algorithm has
been the work-horse 1in echo canceler implementation. It
therefore serves as a reference algorithm. The coeflicient
update equation 1s given by,

e(n)=y(n)-+e,cir h' +ee (n-1)x(n), (1)

M (2)

A=+ x'(n)x(n) + Syrus Hmetn)

h(n)

Where u(O<u<2) 1s the adaptation step and O, 1, 1S the
regularization factor.

In this algorithm, an adaptive individual step-size 1s
assigned to each filter coeflicient. The step-sizes are calcu-
lated from the last estimate of the filter coeflicients 1n such
a way that a larger coellicient receives a larger increment,
thus, increasing the convergence rate of that coefficient. The
result 1s that active coeflicients are adjusted faster than
non-active coefficients (i.e. small or zero coefficients).
Hence, PNLMS converges much faster than NLMS for
sparse impulse responses (i.€., responses in which only a
small percentage of coefficients is significant). Most impulse
responses 1n the telephone network have this characteristic.
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6

The PNLMS algorithm 1s described by the following
equations:

e(n)=v(n)-+e,cir h' +ee (n-1)x(n) (3)

H
x"(n)G(n — 1)x(n) + pvius

(4)

hn) = hin—1)+ G(n — Dx(n)e(n)

G(n-1)=diag{go(n-1), . . . » g_4(n-1)} (5)

Where G(n-1) is a diagonal matrix which adjusts the
step-sizes of the individual taps of the filter, « 1s the overall
step-size parameter (the same as NLMS to achieve the same
final misadjustment), and 0, A, 1S @ regularization param-
cter which prevents division by zero and stabilizes the
solution when speech 1s the input signal. The diagonal
elements of G(n) are calculated as follows;

yim)=max{pmax{d, [A()l, . . ., (o, ()}, )]}

(6)

Yi(r) (7)

- , O=<l=<] -1
_;D Yi(n)

gi(n )—

Parameters o, and p are positive numbers with typical
values 0,=0.01, p =5/L. p prevents coellicients from stalling,
when they arc much smaller than the largest coefficient and
0, regularizes the updating when all coetlicients are zero at
1111tlahzat10n

A variant of this algorithm 1s the PNLMS++, S. L. Gay,
“An eflicient fast converging adaptive filter for network echo

cancellation”, Proc. of ASSILOMAR, November 1998. In
this algorithm, for odd-numbered time steps, the matrix G(n)
1s calculated as above, while, for even-numbered steps, 1t 1s
chosen to be the identity matrix,

G(n)=L, (8)

which results 1n an NLMS iteration. Alternating between
NLMS and PNLMS iterations has the advantage of making
the convergence rate not worse than NLMS. As a result, the
PNLMS ++ algorithm 1s less sensitive to the assumption of
a sparse 1mpulse response than PNLMS. However,
PNLMS++ 1s not a completely satisfactory solution because
it does not truly exploit the structure of the estimated
impulse response. Indeed, switching between the two algo-
rithms will work well only 1n the two extreme cases when
the 1mpulse response 1s sparse or highly dispersive. But if
the 1mpulse response 1s something between sparse and
dispersive, PNLMS++ will likely converge as fast as NLMS
since the rule used in PNLMS does not work for this case.

[II. An Improved PNLMS (IPNLMS) Algorithm

In this section, we introduce a “true” PNLMS algorithm.
Our objective 1s to derive a rule that better exploits the
“proportionate” 1dea than the original PNLMS. The fact that
PNLMS 1s slower than NLMS with dispersive impulse
responses means that (Eq. 6) has to be modified. Intuitively,
the brutal choice (maximum) in (Eq. 6) between |h,| and one
other positive number can have a disastrous effect on the
convergence of the algorithm when the estimation of the
coellicients 1s not accurate. In the following, we propose to
change this part and make the choice smoother.
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The 1-norm of the adaptive filter 1s defined as:

£-1
Fht)lly = > [ Adn)
=0

An alternative to (Eq. 6) is:

| h(n)ll, (9)

L

ofn)=(1—-a) + (1 +a)| hin)

[=0,1,...,L-1

where, —1Z=a<1. Taking the 1-norm of vector o:

[~1 (10)
lom)lly = ) loin)]
{=0

-1
= > o4n)
=0

=2 h(n) ;.

we deduce the IPNLMS algorithm:

e(n)= y(n)—hT(n =1 )(n) (1)

hin)= (12)

H

hin—1)+ O (n — 1)x(n)de(n)

x'(n)01(n—=1wn)+

OIPNIMS

Ol (H -1 ): diag{ﬂl?{)(ﬂ— 1 )5 RN GI,L—I(H_ 1 )}5 (13)

1

= diag{og(rn—1)..., 0p—j(n—1)}
lo(r — 1)

where

ofn) (14)
o14(n)=

llo(r )l

|l —a ﬁ!(ﬂ)‘

= +(1l +a) =01, ..., L-1
L 2| n )]

In practice, in order to avoid a division by zero in (Eq. 14),
especially at the beginning of the adaptation where all the
taps of the filter are mnitialized to zero, we propose to use a
slightly modified form:

hin ) (15)

l —a
+(1l +a)

014(n)=

2L QHE(H)HI + &

where € 15 a very small positive number. At iitialization,
since all the taps of the filter start with zero, vector x 1s

multiplied by

|l -«
21

This suggests that the regularization parameter for the
IPNLMS algorithm should be taken as:
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1l —a
2L

OIPNLMS = ONLMS

For a=-1, 1t can easily be checked that the IPNLMS and
NLMS algorithms are identical. For o close to 1, the
[PNLMS behaves like the PNLMS. Equation (9) is the sum
of two terms. The first one 1s an average of the absolute
value of the coefficients of the estimated filter and the second
one 1s the absolute value of the coefficient 1tself. While the
second term (“proportionate™) is very important to improve
the convergence rate when the 1impulse response 1s sparse, 1t
can also be harmful because 1t 1s just an approximation of the
coeflicient and, if this value 1s far from the true one, it can
have just the opposite effect on the gradient. The first term
of (Eq. 9) is more accurate, since it is an average, and
balances the errors introduced i1n the second term. In
practice, good choices for a are 0 or -0.5. With those
choices and 1n simulations, IPNLMS always behaves better
than NLMS and PNLMS, whatever the impulse response.
IV. Simulations

As noted above, 1n telephone connections that ivolve
connection of 4-wire and 2-wire links, an echo 1s generated
at the hybrid that has a disturbing influence on the conver-
sation and must therefore be canceled. Referring again to
FIG. 1, the far-end speech signal x(n) goes through the echo
path represented by a {filter h, then it 1s added to the near-end
talker signal v(n) and ambient noise w(n). The composite
signal 1s denoted y(n). Most often, the echo path is modeled
by an adaptive FIR filter, h(n), which subtracts a replica of
the echo and thereby achieves cancellation. Here, we do not
consider the double-talk situation (i.e., v(n)=0).

In this section, we wish to compare, by way of simulation,
the NLMS, PNLMS, and IPNLMS algorithms in the context
of network echo cancellation. As shown 1n FIG. 2, we use
three different echo paths h of length L=512. The same
length is used for the adaptive filter h(n). The sampling rate
1s 8 kHz and the signal-to-noise ratio 1s equal to 39 dB. The

input signal x(n) is either a speech signal (FIG. 3) or a white
Gaussian noise. The parameter settings chosen for all the
simulations are:

u=0.2,
o=0,
0,=0.01, p=0.01,

1—-::1:'6
7 ONLMS

Snims = 0=, Opnrms = Onims /Ly Oipnims =

h(-1)=0

FIG. 4 compares the misalignment of the three algo-
rithms: (a) NLMS, (b) PNLMS, and (c) IPNLMS, with a
white noise as the far-end signal and the sparse impulse
response of FIG. 2a. We can see that PNLMS and IPNLMS
converge much faster than NLMS with a small advantage for
IPNLMS. FIG. 5 shows the same thing but with the disper-
sive 1mpulse response of FIG. 2b6. While NLMS and IPN-
L.MS have the same behavior, PNLMS deteriorates. FIG. 6
compares the algorithms 1n a tracking situation when, after
3 seconds, the 1impulse response 1s shifted on the right by 12
samples. The other conditions are the same as in FIG. 4.
Both PNLMS and IPNLMS track better than NLMS.

In FIGS. 7 and 8, the same simulations for FIGS. 4 and
5 are repeated but with the speech signal of FIG. 3 as the
far-end signal. We can draw the same conclusions whether
the 1nput signal 1s white noise or speech.

FIG. 9 compares the misalignment of the IPNLMS algo-
rithm with different values of the parameter ¢. when the




US 6,526,141 B2

9

far-end signal 1s a white noise and the impulse response 1s
sparse (FIG. 2a). Note that for a=-1, the IPNLMS and

NLMS are the same. The IPNLMS algorithm performs very

well with =0 or a=-0.5. FIG. 10 compares the same
algorithm with a dispersive impulse response (FIG. 2b).

Even in this situation, the IPNLMS algorithm (for a=-0.5)
performs a little better than NLMS.

Finally, 1n the last simulation with white noise as input
signal, we compare again the three algorithms (NLMS,

PNLMS, and IPNLMS with a=0) with the quasi-sparse

impulse response of FIG. 2¢. FIG. 11 shows the result of this
simulation. It 1s clear that the propose algorithm outperforms
the two others for these simulations.

V. Conclusions

While the PNLMS algorithm behaves very nicely and has
a very fast initial convergence rate compared to NLMS when
the 1mpulse response 1s very sparse, 1t has the annoying
drawback of deteriorating quickly if the echo path 1s not
sparse enough. It sstmply means that the rule used in PNLMS
1s not adequate and does not fully exploit the structure of the
impulse response, though the algorithm works well 1 one
particular case. In this specification, we derived a new and
simple rule that overcomes this problem. In stmulations, the
proposed algorithm did no worse than NLMS. For very
sparse impulse responses, the IPNLMS converges as well as
PNLMS and, for an impulse response that 1s between sparse
and dispersive, it behaves much better than both NLMS and
PNLMS. For future work, it will be interesting to evaluate
the IPNLMS 1n the acoustic echo cancellation context, since
acoustic 1mpulse responses are quite sparse in general (not
as sparse as in the hybrid but not very dispersive either).

Having thus described a few particular embodiments of
the 1nvention, various alterations, modifications, and
improvements will readily occur to those skilled 1n the art.
Such alterations, modifications and 1mprovements as are
made obvious by this disclosure are intended to be part of
this description though not expressly stated herein, and are
intended to be within the spirit and scope of the invention.
Accordingly, the foregoing description 1s by way of example
only, and not limiting. The invention 1s limited only as
defined 1n the following claims and equivalents thereto.

We claim:

1. A method of generating an estimate signal of an
impulse response of a communications system to an original
signal, said estimate signal comprising a plurality of discrete
fime values, each of said discrete time values comprising a
plurality of coeflicients, said method comprising the steps

of:

(1) receiving said original signal; and

(2) generating each of said discrete time values by updat-
ing each one of said coeflicients corresponding to said
discrete time value independently of the others of said
coellicients corresponding to said discrete time value
by adjusting an adaptation step size 1n proportion to
said coeflicient corresponding to a preceding discrete
fime using;:

| ACr )l
L
,L—1

ofn)=(1-a) +(1+a)|hin)

[=0,1, ...

to take 1nto account the structure of said impulse response,
where:
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h(n) is said estimate signal at time n;
n 1s said preceding discrete time;

L. 1s the number of said coefficients; and

-1=0<l.

2. A method of generating an estimate signal that 1s an
estimate of an 1impulse response of a communications sys-
tem to an original signal, said method comprising the steps

of:
(1) receiving said original signal; and
(2) generating an estimate of an impulse response to said

original signal by means of a proportionate normalized
least mean squares algorithm using;:

M

) = h(n—1) + a

T 010t = Dx(n) + Oy L 0F D)

3. The method of claim 2 wherein:

Oy(n—-1)=diag{ojo(rn—-1),...,011-1(nn—1)},

1
= diag{oo(rn—1)...,0-1(R—1)}
| o(rn — 1)][;

4. The method of claim 3 wherein;

}}(n)ul

L

on)=(1-a)

+ (1 +a)|hn)

(=0,1,...,L-1.

5. The method of claim 4 wherein:

o)
01441)=
| o(n)]|;
l — o ‘hs(ﬂ)‘
= +(l +a) ,
2L 21 Al
[=10,1 -1

6. The method of claim 4 wherein:

o4 1)
o14n)=
| o(r )],
l —a EJ(H)‘
— +(1+ﬂ;’) )
2L 2| h(r) |y +&
I=0,1,...,L-1.

7. A method of generating an estimate signal fl(n), where
n denotes one of a plurality of consecutive discrete times, of
an echo of an original signal x(n) received at a transceiver
via a communications system, said original signal x(n) being
coupled into a signal y(n) that is transmitted from said
fransceiver via said communications system, said estimate
signal h(n) comprising a plurality of coefficients h,, h;,
h,,...h,,...h;_,, said method comprising the steps of:

(1) receiving said original signal x(n); and

(2) generating said estimate signal h(n) by updating each
one of said coefficients h,(n) independently of the
others of said coefficients by adjusting an adaptation
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step size ¢ 1n proportion to said coeflicient for time n-1,
h,(n-1) using:

| ()]l .ﬂ
on)=(1-a) +(1+a)|h(n)

to take 1nto account the structure of said impulse response,
where -1=a<l1.

8. A method of generating a signal that 1s an estimate of
an echo of an original signal received at a transceiver via a
communications system, said original signal being coupled
into a signal that 1s transmitted from said transceiver via said

communications system, said method comprising the steps
of:

(1) receiving said original signal; and

(2) generating an estimate of an impulse response to said
original signal by means of a proportionate normalized
least mean squares algorithm using:

M
x'(n)0O(n — 1)x(n) + dipyvrus

h(n) = hin—1) + 0, (n — Dx(ne().

9. The method of claim 8 wherein:

Oi(n—-1)=diag{ojo(n—-1),...,011(n—-1)},

1
= diag{og(r—1)...,0p1(n - 1)}
o —1)||

10. The method of claim 9 wherein;

hn )| :
on)=(1-a) . + (1 +a)|hn)

11. The method of claim 10 wherein:

o n)
o14n)=
| o(r)|l;
l — ‘;l.!(ﬂ)‘
= +(l +a) :
2L AT
I=0,1,....,L-1

12. The method of claim 10 wherein:

o(n)
01 41)=
| o(r)]]4
l —a BJ(H)‘
= +(1l +a) :
2L 2| h(n)|ly +&
I=0,1,...,L-1

13. A method of performing echo cancellation 1n a com-
munications system, said method comprising the steps of:

(1) receiving a signal that is a potential source of echo;

(2) generating an estimate signal of an impulse response
corresponding to echo of said original signal, said
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estimate signal comprising a plurality of discrete time
values, each of said discrete time values comprising a
plurality of coefficients, by means of a proportionate
normalized least mean squares algorithm by generating
cach of said discrete time values by updating each one
of said coeflicients corresponding to said discrete time

value independently of the others of said coet

hcients

corresponding to said discrete time value by adjusting,
an adaptation step size 1n proportion to said coeflicient
corresponding to a preceding discrete time using:

I h(n)l .ﬂ_
on)=(1—-a) +(1+a)|hin)

h(n) is said estimate signal at time n;
n 1s said preceding discrete time;
L. 1s the number of said coeflicients; and

-1=a<1; and

to take 1nto account the structure of said impulse response,
where:

(3) subtracting said estimate signal from a transmitted
signal 1n order to cancel said echo from said transmitted

signal.

14. The method of claim 13 wherein step (2) comprises

using:

M
x'(n)O(n — Dx(r) + Sipyruss

hn) = hin—1) +

where

e(n) 1s an error signal;

x(n) is said original signal: and

T designates a transpose function.

15. The method of claim 14 wherein:

O((n-1)=diaglooln-1), ... ,011-1(n—-1)}

B 1
~ lo(m =1l

16. The method of claim 15 wherein:

ofrn)
o141n)=
| o(r )4
l —a ‘BJ(H)‘
= + (1 +a) :
2L 21 Al
I=01,....,L-1

17. The method of claim 15 wherein:

o n)
o14n)=
| o(r) ]|l
l —a ;H(H)‘
= + (1 +a) :
2L 21| ()l +&
[I=01,... ,L-1

diagloo(n—1)... ,or—1(n—=1)} .

O1(n - 1)x(n)e(n)

18. An apparatus for performing echo cancellation 1n a

transceiver, said apparatus comprising:
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(1) a transmit electrical path upon which transmit signals
are 1mposed by said transceiver;

(2) a receive electrical path upon which are received
signals that are a potential source of echo that may be
coupled onto said transmit path are received at said
transceiver;

(3) a circuit for generating an estimate signal of an
impulse response corresponding to echo of said original
signal that may be coupled onto said transmit path, said
estimate signal comprising a plurality of discrete time
values, each of said discrete time values comprising a
plurality of coeflicients, said signal being generated by
means ol a proportionate normalized least mean
squares algorithm in which each of said discrete time
values 1s generated by updating each one of said
coellicients corresponding to said discrete time value
independently of the others of said coeflicients corre-
sponding to said discrete time value by adjusting an
adaptation step size in proportion to said coetficient for

a preceding time value using:

| Al
I

ofn)=(1-a)

+(1+a)| hn)]

to take 1nto account the structure of said impulse response,
where:

h(n) is said estimate signal at time n;
n 1s said preceding discrete time;

L 1s the number of said coefficients; and

-1=0<1; and

(4) a subtracter coupled to receive said estimate signal at
a first mput thereto and coupled to receive said trans-
mitted signal at a second 1nput thereto and generate at
an output thereof a signal that 1s the difference between
said first and second mputs in order to cancel said echo

from said transmitted signal.
19. An apparatus for performing echo cancellation 1n a

fransceiver, said apparatus comprising:

(1) a transmit electrical path upon which transmit signals
are 1mposed by said transceiver;

(2) a receive electrical path upon which are received
signals that are a potential source of echo that may be
coupled onto said transmit path are received at said
transceliver;
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(3) a circuit for generating a signal that 1s an estimate of
an 1mpulse response corresponding to echo of said
received signals that may be coupled onto said transmat
path, said circuit generating said estimate signal by
means ol a proportionate normalized least mean
squares algorithm using:

H

Ar) = hn—1) + xF (O 1(n - Dx(r) + 5pn101s

O((n— 1)x(n)e(n);, and

(4) a subtracter coupled to receive said estimate signal at
a first mput thereto and coupled to receive said trans-
mitted signal at a second 1nput thereto and generate at
an output thereof a signal that 1s the difference between

said first and second mputs in order to cancel said echo
from said transmitted signal.

20. The method of claim 19 wherein:

Oi(n-1) =diaglojpin—-1), ... ,011-1(n - 1)}

| :
" o=y oo = e o= k-

21. The method of claim 20 wherein;

B(n)ul

L

on)=(1—-a) + (1 +a)|hn)

22. The method of claim 21 wherein:

o= 21T i (1) 1=0, 1 L—1
LT lo(mll, 2L Q‘E}(H)‘ 15 -7 ﬁ
23. The method of claim 21 wherein:
o;(1) l - ;H (H)‘
= = 1 ,J!:O,l,...,L—l
= ol = 2L ] v
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